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StOTS0> ^{uBATJ^ISl 04KJ:?)ll?J»*n 

Wf sfc»fe:*«ttB*A*-r«¥aT?**o ry^i 

0 3 a, 10 3 bT?i|$s£ttfc^W§iiXt£-;<j 1 0 
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- # 6 a K A7J £ ft S 43*? ti'f > / WXlSghLL (n) t?g 
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i©A/Dsaft»2fr5jss»f swyyyy^n 

feiMI§^X^U ^©ffiHfc*fe&LfcS#&#ft 
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x f s©n«arc*-/*- ; »->yy y^t*. ^lt* 

5 a, 15 btC^-x.P>tlSo 
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30 ><5*-*»J»¥ai l*^LTA?j¥ai Ofr&Aft 
**ifc«««©«P©iWBettK*fbT, <BAM©x- 

V\ *©Htfj**>«rHl©D/Ag«jS4 a. 4 btctfi 

[0027] c©*3fc*i8snfcWS£Sfi©ftft 
Ko^TKiprrso $-r 0 1 ©ft^A^a 1 kb** 

r-f*) M^A73*nSo ^©^Wt&A/ 

dsm§ 2 ff^^/ntt^ti, fs^jaa^a 3 
tAAsns. ATj^ai otfawscwBWf** 

S, SBfffctfftatiftWBfe g«©j££3F£A7J-f 
7:^§o 

[0 0 2 8] *«**©§!«# 7 A^, m4lC7jiir&5lC 



*^73(p]©#^<*^, w^ATj^ns^y/^i/x 
isafttmtfias (a) ©£5ic&d, jaasawttttH 

5 (b) ©*5K&*. * LTg«#©S»J£K*>?<;# 

s«#i:s»©(ftiiiH«Kisi;T, fe*ss5©w« 



(6) 

9 

fcfi#&#«S*»RU H2©*«j£ffi^8l 2 a, 
1 2 biC-^X-So C©fc#ffi**nS^fcM:aaWBA 
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Sfc«>, 06 (b) fclTjVf.fcSK: (a) T'^-Tffi#©-9- 

/(nxfs) ©SJWT'M^^ffiS-rSt, 06 20 
(c) 0*3Ell8A^^BmiOffl^kftSo 
[0 0 3 03 £©{s^£02©:?V/U#3M§l 5 a, 1 

5 bfc^-*, «M£ttJHHflC*y h*7ffi$i$lf s/ 

2©u-^x:7^/i/*£A;>rfSfc> *>^Uyy*- 

;l/FStiTH6 (d) 0<fc3fc»5ft>ftft«©flMf#tfi 
TlSfiSo 6 a. 16 

b£^-x.££, mxf s (n>m>l) ©HSSre-fry 
7VV?ffltt>n, 06 (e) ©<fc3&M*f2)«fcfiS3ft 
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•Wflt^WiSn*. * LT C ©Bf &?ij©{8^£0lj;t 

zmzmmicmmt. mmnmimiEztirc 

[0 0 3 13 t©¥8*«*3M>flMWc*BU 
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7f 5bfcfcLTt>TOBBISfci:7.7iB tflSWfc&So 
ftoT7.7mm WTOfS^PlfcW^SflAi&fcjttl&T** 
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[00333 07 (c) it (a) 

v<fcH7 (d) ~ (f) ©<k3lc, isjUflSJretxkD 
o tc, fflA©^*imiSIHMtf < » 

[00343 ■o€K*%w<Dm2mmm (ts*«3) k 
4ott§^n±g«{cov^T0 8*ffl^T^-r§ o m 

8 (i*^P©W^S4^g©-gP©«^*^-r 7n >y 

mx& o,02 k ra^jm^a 3c, 3d mm 
am 1 *mw t m-nto *> > ^wmmmmitmmt 

5,18 fc^f £ 5 £ft«i¥&3 c , 3 d ©ajTlff 
JffcftU S«Sf&S¥® 1 7 a, 1 7 bW5W 

1^5o 

[0 0 3 53 gWSf&S^S 17a, 17b &^i§©/£ 

ffl^{4Hl©D/AS8W»4a, 4 b{c£*-^x.5>ft 
5c ®M^{m^& 17 a. l 7 btt. mtfilSftlS 

©n&sit3&©7 ^ - hv** ^xa-iaiB^isjijgaa-r 

Sctlc^OflliaJtiSo 9Wi:LT«Atfl OmM 
«£T?©£IW©j£tf 0 *Wr«^K:«, £§!f ^©fi£ fi 
W*tf0.25~0.35®fc«:So Sfc 1 0mW±2 OmBufi 

©fi^ti0.7 -0.9 fjXC^SfSo £l^>+>— h 
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f<:#AD-r5o 
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■f3fc#K, S«#Pi:S«S!:©iatSi«**-rill* 
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e©ffl(iAt<^So c©«^SI*ft0©*#*K: 
<fc o Tfi«I*!§ 3 tcfett * jffiiJMI^ii^Stob^ 
t)§fc©i:-rSo 

[0 0 3 73 01 0tt#fSB©£4*Sfiffil (»#S5) 
fc*^«e«fl^B©^n >y ^0T-S 0,^1 ^SS0iJ 

tisi-gi5^«iBi-©?vF^*oit. ; ene.©^t±*iiis-r 
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(54) SOUND FIELD REPRODUCING DEVICE 
(57)Abstract: 

PURPOSE: To attain natural senses of sound image positioning, distance and 
expansion in all directions by the use of a headphone or an innerphone. 
CONSTITUTION: A sound signal from a signal input means 1 is applied to an 
A/D converter 2, which converts the sound signal into a digital signal at a 
sampling frequency fs. At the time of inputting the digital signal, a signal 
processing means 3 executes operation for sound image positioning by the use 
of an FIR filter. In this case, a convolution coefficient is over-sampled and a tap 
position for multiplying the convolution coefficient is finely controlled in 



accordance with a distance difference between both ears of a listener. Thus the 
convolution coefficient is controlled in accordance with the shape and size of the 
head part of the listener and positional relation between the listener and a sound 
image. Thus the operated sound signal is applied to D/A converters 4a, 4b and 
D/A converted signals are outputted from speakers 6a, 6b of a headphone 
through amplifiers 5a, 5b. 
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* NOTICES * 

JPO and NCIPI are not responsible for any 
damages caused by the use of this translation. 

1 .This document has been translated by computer. So the translation may not 
reflect the original precisely. 

2 **** s hows the word which can not be translated. 
3. In the drawings, any words are not translated. 

CLAIMS 
[Claim(s)] 

[Claim 1] The digital signal changed by the A/D converter which changes an 
input sound signal into a digital signal, and said A/D converter is inputted. A 
signal-processing means to perform signal processing so that it may become an 
acoustic signal according to the location and distance of a listening person's 
head configuration, magnitude, a listening person, and an image, A listening 
person's head configuration, magnitude, and an input means to input the 
location of a listening person and an image, A parameter-control means to set 
up a parameter so that the acoustic feature according to the content inputted by 



I 

I V 

said input means may be acquired, and to give said parameter to said 
signal-processing means, The D/A converter which changes into an analog 
signal the signal outputted from said signal-processing means, It is a sound field 
regenerative apparatus possessing the amplifier which amplifies the output of 
said D/A converter, and the sound transducer of the right and left which carry out 
the alteration in percussion sound of the output of said amplifier. Said 
signal-processing means An image normal means to make an image orientate 
by the reefing operation according to the physical relationship of the listening 
person and image which were inputted by said input means, The reefing 
multiplier of criteria is inputted as a parameter from said parameter-control 
means through said image normal means. The exaggerated sample means 
which changes these parameters into the discretization signal of time series, and 
carries out the exaggerated sample of said parameter with the value more than 
the sampling frequency of said A/D converter, A filter means to pass the 
component below predetermined frequency characteristics to the parameter 
processed with said exaggerated sample means, The down sample of the 
parameter outputted from said filter means is carried out with the value below 
the sampling frequency of said exaggerated sample means. The sound field 
regenerative apparatus which carries out the parallel conversion of the signal of 
the acquired time series to each reefing multiplier, and is characterized by being 



what has a down sample means which is collapsed and is given to said image 
normal means as a multiplier by which the value was amended. 
[Claim 2] Said filter means is a sound field regenerative apparatus according to 
claim 1 characterized by being what passes 1/2 or less frequency component of 
the sampling frequency of said A/D converter. 

[Claim 3] Said input means is a sound field regenerative apparatus according to 
claim 1 characterized by establishing a reverberation sound creation means to 
apply the reverberation sound corresponding to the size of the sound field where 
the breadth of sound field is also inputted simultaneously and is obtained by the 
output section of said signal-processing means from said input means while 
inputting the location of a listening person's head configuration, magnitude and a 
listening person, and an image. 

[Claim 4] Said parameter-control means is a sound field regenerative apparatus 
according to claim 1 characterized by to be what changes said include angle into 
the listening location or image location in sound space, and gives a parameter to 
said signal-processing means, when the sound source and the direction of a 
reflected sound which were seen from the listening person, and an include angle 
are inputted in the reflected sound by which reflects with a wall from the sound 
source of sound space, and incidence is carried out to a listening person. 
[Claim 5] Said input means is a sound field regenerative apparatus according to 



claim 1 characterized by being a thing including the parameter receiving means 
which receives the control signal about sound field from the exterior, and is given 
to said parameter-control means. 



DETAILED DESCRIPTION 

[Detailed Description of the Invention] 
[0001] 

[Industrial Application] In AV (audio-visual) device, this invention relates to the 
sound field regenerative apparatus in consideration of both individual lugs 
spacing and a head configuration, in order to perform sound reproduction which 
has a natural feeling of normal, and presence to the listening person of 
arbitration. 
[0002] 

[Description of the Prior Art] In recent years, in the multimedia field consisting 
mainly of an image and sound, development of the hardware corresponding to 
the three-dimensional sound reproduction of a three dimension is desired with 
the formation of a three-dimension computer graphic of an image. Moreover, an 
interactive device like the home video game machine for TV, a personal 



computer, etc. is spreading. Not only a two-channel stereo loudspeaker but 
development which controls interactively the feeling of normal of a sound, a 
sense of distance, and a feeling of breadth in the sound field playback using a 
year loudspeaker, headphone, and an inner phone is performed that it should 
correspond to this. 

[0003] Drawing 1 1 is the block diagram showing an example of the conventional 
sound field regenerative apparatus which used the loudspeaker. In this drawing, 
the signal input means 101 is an input means to input an audio signal, and the 
output is given to Amplifier 103a and 103b through a filter 102. A filter 102 
controls the frequency characteristics of 2 channel signals, sound volume, and 
time delay, and is controlled by the image location input means 104. The image 
location input means 104 is a means to input an image location, in order to 
control the feeling of normal of a listening person's sound. The sound signal 
amplified with Amplifier 103a and 103b is given to Loudspeakers 105a and 105b. 
[0004] Thus, actuation of the constituted conventional sound field regenerative 
apparatus is explained. The sound signal inputted by the signal input means 101 
controls a filter 102 to reproduce voice from Loudspeakers 105a and 105b by the 
frequency characteristics according to the location of **** inputted with the image 
location input means 104, sound volume, and time delay, a right ear — the 
direction of a left ear » time delay - large - the crown - if sound pressure level 



becomes low with the frequency characteristics of a region, it will be sensed 
general that an image is in the method of the right. A filter 102 performs such 
control and controls a listening person's feeling of image normal. The signal 
controlled by the filter 102 is amplified with Amplifier 103a and 103b, and is 
reproduced by Loudspeakers 105a and 105b. By performing such signal 
processing, the feeling of normal of a sound is controllable. 
[0005] 

[Problem(s) to be Solved by the Invention] However, it was difficult to control 
change of the delicate property by difference of the configuration of a listening 
person's head and a handle part by the above configurations, even if it hears a 
playback sound. In the case of the inner phone inserted especially in headphone 
and external auditory meatus, the feeling of the outside of the head of the front in 
an image, a feeling of normal, and a sense of distance were unrealizable. 
[0006] This invention is made in view of such a conventional trouble, and aims at 
offering a sound field regenerative apparatus with which the natural feeling of 
image normal of all directions and a sense of distance are acquired to the 
listening person of arbitration. 
[0007] 

[Means for Solving the Problem] The digital signal from which this invention was 
changed by the A/D converter which changes an input sound signal into a digital 



signal, and the A/D converter is inputted. A signal-processing means to perform 
signal processing so that it may become an acoustic signal according to the 
location and distance of a listening person's head configuration, magnitude, a 
listening person, and an image, A listening person's head configuration, 
magnitude, and an input means to input the location of a listening person and an 
image, A parameter-control means to set up a parameter so that the acoustic 
feature according to the content inputted by the input means may be acquired, 
and to give a parameter to a signal-processing means, The D/A converter which 
changes into an analog signal the signal outputted from a signal-processing 
means, It is a sound field regenerative apparatus possessing the amplifier which 
amplifies the output of a D/A converter, and the sound transducer of the right 
and left which carry out the alteration in percussion sound of the output of 
amplifier. A signal-processing means An image normal means to make an image 
orientate by the reefing operation according to the physical relationship of the 
listening person and image which were inputted by the input means, The reefing 
multiplier of criteria is inputted as a parameter from a parameter-control means 
through an image normal means. The exaggerated sample means which 
changes these parameters into the discretization signal of time series, and 
carries out the exaggerated sample of the parameter with the value more than 
the sampling frequency of an A/D converter, A filter means to pass the 



component below predetermined frequency characteristics to the parameter 
processed with the exaggerated sample means, The down sample of the 
parameter outputted from a filter means is carried out with the value below the 
sampling frequency of an exaggerated sample means. The parallel conversion 
of the signal of the acquired time series is carried out to each reefing multiplier, 
and it is characterized by having a down sample means which is collapsed and 
is given to an image normal means as a multiplier by which the value was 
amended. 
[0008] 

[Function] According to this invention which has such a description, input setting 
out of a listening person's head configuration, magnitude, and the location and 
distance of a listening person and an image is carried out with an input means. If 
a sound signal is inputted through a signal input means, it will be changed into a 
digital signal by the A/D converter, and will be inputted into a signal-processing 
means. A parameter is chosen as a parameter-control means so that the 
acoustic feature according to the content set up by the input means may be 
acquired. And PAMETA corresponding to institution conditions is collapsed and 
it gives as a multiplier a signal-processing means. The signal calculated by the 
digital disposal circuit is changed into an analog signal by the D/A converter, and 
a sound is outputted from a sound transducer through amplifier. 



[0009] After carrying out image normal according to the physical relationship of a 
listening person's head configuration, magnitude, a listening person, and an 
image inputted [ especially ] by the input means with the signal-processing 
means, carrying out the exaggerated sample of the output and filtering with 
predetermined frequency characteristics, he carries out a down sample with the 
value near the original sampling frequency, and is trying to output an acoustic 
signal. In order to make both the delicate lugs spacing difference of the listening 
person of arbitration reflect in an output signal at this time, an exaggerated 
sample is carried out with a required sampling frequency. Moreover, if the signal 
by which over sampling technique was carried out is given to a fill means, the 
thing of 1/2 or less component of the sampling frequency of an A/D converter will 
pass. If it carries out like this, the distortion at the time of a down sample being 
carried out with a down sampling means will decrease. Thus, if it processes, it 
will correspond to both the delicate lugs spacing difference to the listening 
person of arbitration, and natural image normal and sound field playback will be 
obtained to all directions. 
[0010] 

[Example] It explains referring to a drawing about the sound field regenerative 
apparatus in the example of this invention. How to make a sound orientate 
behind [ left ] the listening person 7 from the headphone loudspeakers 6a and 6b 



is first explained using principle drawing of the image normal of drawing 3 . 
Setting to this Fig., the signal input means 1 is sound signal S (t). It inputs and 
the output is inputted into the FIR filters 3a and 3b through A/D-converter2a of 
(Left L) (right R) tea YANERU, and 2b. The FIR filters 3a and 3b are digital filters 
which perform signal processing mentioned later, and each output is given to the 
headphone loudspeakers 6a and 6b through D/A converters 4a and 4b and 
Amplifier 5a and 5b. 

[0011] Now, hi (t) shown in drawing 3 is a head transfer function in the location 
of the left ear of headphone loudspeaker 6a and the listening person 7. It is a 
response in the location of the eardrum at the time of a head transfer function 
inputting an impulse into accuracy at a headphone loudspeaker. Hereafter, a 
transfer function is called an impulse response in order to give explanation in a 
time domain. However, the same result is obtained even if it thinks in a 
frequency domain. 

[0012] h2 (t) is an impulse response in the location of the right ear of headphone 
loudspeaker 6b and the listening person 7 similarly. Moreover, the signal 
generation means 8 is signals [, such as an impulse signal, ] S (t). It is a means 
to generate and the output is given to the virtual loudspeaker 9. The virtual 
loudspeaker 9 is a loudspeaker of the imagination arranged behind [ left ] the 
listening person 7. Moreover, the FIR filters 3a and 3b are impulse responses 



hLL (t) about an input signal, respectively. hRR (t) It is the digital filter which 
calculates by collapsing. 

[0013] Here, the case where an image is made to orientate in the direction of 
arbitration virtually is considered. The principle of the sound field signal 
regeneration which generates virtually the sound equivalent to the virtual 
loudspeaker 9 prepared in left back is described using headphone loudspeaker 
6a of a left channel, and headphone loudspeaker 6b of a right channel. Sound 
signal S (t) which is equivalent to the sound source of left back first is inputted 
into A/D-converter2a and 2b, and is changed into a digital signal. The digitized 
voice signal changed here shall be inputted into the FIR filters 3a and 3b. 
[0014] On the other hand, signal [ of the signal generation means 8 ] S (t) When 
it outputs from the virtual loudspeaker 9, the sound which reaches the listening 
person's 7 lug becomes like the following formula. That is, sound pressure L (t) 
in a left ear is expressed with the following (1) type. 
L(t) =S (t) *h3 (t) ...(1) 

Sound pressure R in a right ear (t) It is expressed with (2) types. 
R (t) =S (t) *h4 (t) ... (2) 

However, * collapses and expresses the operation. In practice, although the own 
transfer function of a loudspeaker etc. will be multiplied, this decides to ignore. 
Moreover, you may think that transfer functions, such as a loudspeaker, are 



contained in h3 (t) and h4 (t). 

[0015] Moreover, the sound pressure of (1) and (2) type, an impulse response, 
and signal S (t) On a time-axis, it thinks as a discrete digital signal and changes 
like the following (3) - (7) type, respectively. 
L (t) -> L (n) ... (3) 
R (t) -> R (n) ... (4) 
h3 (t) -> h3 (n) ... (5) 
h4 (t) -> h4 (n) ... (6) 
S(t) ->S(n)...(7) 

[0016] In this case, (1) type and (2) types which were mentioned above can be 
written like the following (8) and (9) types, and can be changed. 
[Equation 1] 

L (n) = S (n) * h 3 (n) 

N- 1 

= 2 S (k) • h3 (n-k) (8) 

k= 0 

[Equation 2] 

R (n) =S (n) *h4 (n) 
N- 1 

- 2 S (k) • h4 (n-k) (9) 

Here, although it should be strictly written as nT and T expresses a sampling 
period, generally the natural number n omits T and writes it like (8) and (9) types. 



Moreover, N is an impulse response h3. (n) It is the die length of h4 (n). 
[0017] Moreover, it is signal S (t) similarly. It is outputted as a sound from the 
headphone loudspeakers 6a and 6b through the signal input means 1 , and the 
following formula is materialized about the sound which reaches the listening 
person 7. That is, the sound pressure of a left ear serves as the following (10) 
types. 

U (n) =S (n) *hLL(n) *h1 (n) ... (10) 

The sound pressure of a right ear serves as the following (11) types. 
R' (n) =S (n) *hRR(n) *h2 (n) ... (11) 

[0018] a head transfer function — mutual - etc. a premise [ say / that a sound 

can generally be heard from the same if damp ] — carrying out (this premise 

being the right generally) — the following (12) - (15) type is materialized. 

L(n) =U (n)...(12) 

h3 (n) = hLL (n) *h1 (n) ... (13) 

R (n) =R' (n) ... (14) 

h4 (n) = hRR (n) *h2 (n) ... (15) 

Therefore, what is necessary is just to determine an impulse response hLL (n) 
and hRR (n) so that (13) and (15) types may be materialized. 
[0019] for example, impulse response hi (n) - h4 (n) If hLL (n) and hRR (n) are 
rewritten with the expression of a frequency domain, it will become like the 



following (16) - (21) type. 
H1 (n) =FFT (hi (n)) ... (16) 
H2 (n) =FFT (h2 (n)) ...(17) 
H3(n) =FFT (h3 (n)) ... (18) 
H4 (n) =FFT (h4 (n)) ...(19) 
HLL (n) =FFT (hLL (n)) ... (20) 
HRR (n) =FFT (hRR (n)) ... (21) 

However, FFT ( ) The function by which the Fourier transform (FFT) was carried 
out is expressed. 

[0020] Next, if (13) and (15) types are rewritten with the expression of a 
frequency domain, it collapses like (22) and (23) types which are shown below, 
and an operation will change to multiplication and the rest will become the 
transfer function which carried out the Fourier transform of each impulse 
response. 

H3 (n) =HLL (n), H1 (n) ... (22) 
H4 (n) = HRR (n), H2 (n) ... (23) 

In (22) and (23) types, except the transfer function HLL of an FIR filter (n), and 
the value of HRR (n), since it is obtained by measurement, the transfer function 
HLL of an FIR filter (n) and HRR (n) can be calculated like (24) and (25) types 
which are shown below. 



[Equation 3] 



HLL (n) = 



_ H3 (n) 
H 1 (n) 



(2 4) 



[Equation 4] 



HRR (n) 



_ H4(n) 
H2 (n) 



"(25) 



[0021] Thus, hLL (n) which carried out the inverse Fourier transform (IFET) of 
the determined transfer function HLL (n) and the HRR (n), and hRR (n) are used, 
and it is signal S (n). It calculates with the FIR filters 3a and 3b of drawing 3 . For 
this reason, the signal inputted into headphone loudspeaker 6a is collapsed by 
the impulse response hLL (n), and the signal inputted into headphone 
loudspeaker 6b is collapsed by the impulse response hRR (n). In this way, if 
voice is outputted from the headphone loudspeakers 6a and 6b, even if the 
listening person 7 does not sound the virtual loudspeaker 9 of left back actually, 
he can sense that the sound is sounding from the direction. An image can be 
made to orientate in the direction of arbitration virtually by such approach. 
[0022] Next, the sound field regenerative apparatus in the 1st example of this 
invention is explained using drawing 1 and drawing 2 . Drawing 1 is the block 
diagram showing the whole sound field regenerative-apparatus configuration by 
the 1st example, and drawing 2 is the block diagram showing the internal 



configuration of the signal-processing means 3. Setting to drawing 1 , the signal 
input means 1 is sound signal [ of an analog (monophonic recording) ] S (t). It is 
the circuit which is inputted and is outputted to A/D converter 2. A/D converter 2 
is a circuit which samples the sound signal of an analog on a frequency fs, and is 
changed into a digital sound signal. In addition, the sampling frequency fs here is 
44.1kHz. It is set up in many cases. 

[0023] The output of A/D converter 2 is given to the signal-processing means 3. 
The control signal input edge of the signal-processing means 3 is connected to 
the input means 10 through the parameter-control means 11. The input means 
10 is a means to input the location of the head configuration of the listening 
person 7 who is a user of a sound field regenerative apparatus, magnitude, the 
listening person 7, and an image, the breadth of sound field, etc. Moreover, the 
parameter-control means 11 controls the value (reefing multiplier) of the 
parameter in the signal-processing means 3 according to the conditions set up 
from the input means 10. The parameter-control means 11 has memorized 
beforehand the convolution multiplier for seeing from a listening person and 
making all directions and locations orientate an image as a parameter, chooses 
this with the signal of the input means 10, and outputs it to the signal-processing 
means 3. 

[0024] As shown in drawing 2 , the signal-processing means 3 consists of the 



signal-processing means 3c and 3d of a right-and-left channel, and 
signal-processing means 3c of a left channel consists of image normal means 
12a, exaggerated sample means 14a, filter means 15a, and down sample 
means 16a. Moreover, 3d of signal-processing means of a right channel is 
constituted by image normal means 12b, exaggerated sample means 14b, filter 
means 15b, and down sample means 16b. Each tap multiplier (reefing multiplier) 
which the parameter-control means 1 1 of drawing 1 outputs is given to the 
image normal means 12a and 12b. 

[0025] The image normal means 12a and 12b are constituted by the digital filter 
equivalent to the FIR filters 3a and 3b of drawing 3 . The image normal means 
12a and 12b of drawing 2 input the sound signal sampled on the frequency fs 
from A/D converter 2 of drawing 1 , and it calculates by the convolution multiplier 
corresponding to the location of an image. At this time, the image normal means 
12a and 12b make the parameter given from the parameter-control means 11 
correspond to each multiplier into which the delay circuit which constitutes some 
FIR filters, and its output are inputted, and are changed into the signal of time 
series. The parameter put in order by time series here is given to the 
exaggerated sample means 14a and 14b, and over sampling technique of the 
parameter is carried out on the frequency of nxfs. And the parameter by which 
over sampling technique was carried out is given to the filter means 15a and 15b. 



[0026] The filter means 15a and 15b are low pass filters which have fs / two or 
less cut-off frequency. The down sample means 16a and 16b are circuits which 
input the signal of the filter means 15a and 15b, respectively, and are sampled 
on the frequency of mxfs (m> 1). The output of the down sample means 16a and 
16b is again changed into each parameter from the signal of time series, and is 
inputted into the image normal means 12a and 12b. And if the data of individual 
difference are given to the head configuration of a listening person's criterion 
where it was inputted from the input means 10 through the parameter-control 
means 1 1, the image normal means 12a and 12b will calculate by the amended 
convolution multiplier, and will output the output to D/A converters 4a and 4b of 
drawing 1 , respectively. 

[0027] Thus, actuation of the constituted sound field regenerative apparatus is 
explained. A voice (audio) signal is first inputted into the signal input means 1 of 
drawing 1 . This sound signal is changed into a digital signal with A/D converter 
2, and is inputted into the signal-processing means 3. The size of a listening 
person's head configuration, magnitude, the location of a listening person and an 
image and distance, and sound field etc. is inputted with the input means 10. 
The parameter-control means 11 chooses a parameter so that the property 
according to the content inputted with the input means 10 may be acquired. 
Namely, the parameter-control means 11 chooses the convolution multiplier 



memorized beforehand, and outputs it to the signal-processing means 3. 
[0028] As shown in drawing 4 , when the listening person 7 of a certain sound 
field hears the sound of a certain direction, the impulse response inputted into 
both lugs becomes like drawing 5 (a), and frequency characteristics become like 
drawing 5 (b). And according to the physical relationship of a listening person's 
head configuration, magnitude, a listening person, and an image, the 
sound-volume balance of right-and-left both lugs, time of concentration, and a 
phase will change. First, the physical relationship of the listening person's 7 head 
configuration, or a listening person and an image is set up with the input means 
10 of drawing 1 . The parameter-control means 11 chooses the convolution 
multiplier beforehand memorized according to the inputted image location, and 
gives it to the image normal means 12a and 12b of drawing 2 . It is the general 
value as which head individual difference is not considered by the multiplier 
outputted at this time. The image normal means 12a and 12b calculate with the 
transfer function shown by (24) types mentioned above and (25) formulas. At 
this time, based on the difference of a standard head configuration and a 
listening person's head configuration, the exaggerated sample means 14a and 
14b carry out an exaggerated sample, in order to shift the time-axis of a 
multiplier. 

[0029] Drawing 6 is the common explanatory view showing the concept from an 



exaggerated sample to a down sample. Drawing 6 (a) is a wave at the time of 
changing the inputted control signal (parameter) into the signal of time series, 
and sampling with a sampling frequency fs. In order to carry out the exaggerated 
sampling of the signal of (a), n division into equal parts of the sampling period of 
the signal shown by (a) as shown in drawing 6 (b) is done further. In this way, if 
between signals is interpolated with the period of obtained 1/(nxfs), it will 
become the signal of fine spacing like drawing 6 (c). 

[0030] If this signal is given to the filter means 15a and 15b of drawing 2 and is 
inputted into the low pass filter of cut-off-frequency fs / 2 at the interpolated 
signal, a sampling hold will be carried out and the signal of a smooth curve like 
drawing 6 (d) will be outputted. If this signal is given to the down sample means 
16a and 16b, a sampling will be performed on the frequency of mxfs (n>m> 1), 
and a signal like drawing 6 (e) will be generated. The number of data is 
increasing the signal shown in drawing 6 (e) by 14/11 time with the same time 
interval from the signal shown in (a). In this way, the control signal of time series 
finer than the original sampling wave is acquired. And if the signal of this time 
series is given to the shift register of for example, serial in parallel out and each 
signal is taken out simultaneously, the control signal amended by the desired 
value will be acquired. 

[0031] Next, this technique is collapsed, it applies to a multiplier, and the case 



where more exact image normal is realized is explained. Drawing 7 shows the 
concept of how to shift the data to the individual difference of a convolution 
multiplier. Drawing 7 (a) shows the typical convolution multiplier statistically 
calculated from many listening people to an input sound signal. Therefore, if the 
image normal means 12a and 12b perform convolution using this multiplier, the 
remarkable listening person should be able to perceive a natural feeling of image 
normal. However, in many cases, a head configuration is actually large for some 
listening persons, or small. For this reason, by the standard multiplier, a delicate 
difference arises at both lugs spacing, and amendment is needed for it to each 
listening person. 

[0032] The approach of changing the phase contrast of the sound which shifts a 
multiplier in time and reaches right-and-left both lugs as this amendment 
approach is taken. It becomes as shown in 1 tap ****** and (b) temporarily about 
the multiplier of drawing 7 (a). For example, it is 44.1kHz about a sampling 
frequency fs. If it carries out and samples on this frequency, even if it carries out 
[ 1 tap ** ] a multiplier, both the lugs spacing difference is 7.7mm. It becomes a 
limitation. Therefore, 7.7mm It becomes impossible to correspond to the 
individual difference which has both the following lugs spacing. However, when 
an exaggerated sample is increased n times, it can respond also to the individual 
difference of 7.7/n (mm) extent. 



[0033] Drawing 7 (c) carries out the exaggerated sample of the multiplier shown 
in (a). If it carries out [ 1 tap ** ] in this condition, a phase can be more finely 
shifted also by the same multiplier like drawing 7 (d) - (f). Like especially an inner 
phone, when both the individual delicate lugs spacing difference influences a 
feeling of image normal greatly, it becomes an effective approach. Thus, it can 
be made to orientate in the direction which wishes for an image to the listening 
person of arbitration. 

[0034] The sound field regenerative apparatus in the 2nd example (claim 3) of 
this invention is explained using drawing 8 below. Drawing 8 is the block 
diagram showing the configuration of some sound field regenerative apparatus 
of this example, and shows only the circuit added to the signal-processing 
means [ which are shown in drawing 2 / 3c and 3d ] latter part. Other blocks are 
the same as that of the 1st example, and explanation of a whole configuration is 
omitted. As shown in drawing 8 , the reverberation sound creation means 17a 
and 17b are established to the signal-processing means [ 3c and 3d ] output 
signal. 

[0035] The reverberation sound creation means 17a and 17b are means to 
create and add the reverberation sound according to the size of sound field, and 
the output is given to D/A converters 4a and 4b of drawing 1 , respectively. The 
reverberation sound creation means 17a and 17b are constituted by carrying out 



the series connection of two or more feed bottom echo circuits where time 
delays differ. In taking out the breadth of the space of for example, 10m order as 
a reverberation sound, the die length of a reverberation sound becomes 0.25 - 
0.35 seconds. Moreover, when taking out the breadth of space to 10m or more 
sense of distance around 20m, the die length of for example, a reverberation 
sound is 0.7-0.9. It is set as a second. Moreover, if it is sound field playback like 
a large concert hall, it is comparatively long in reverberation time, and it adds so 
that reverberation time of low compass may be made longer than that of a 
loud-sound region. 

[0036] Drawing 9 is the conceptual diagram of the parameter control of the 
sound field regenerative apparatus in the 3rd example (claim 4). The 
configuration of the sound field regenerative apparatus of this example is also 
the same as that of drawing 1 . In this example, while inputting the location of a 
sound source, and the size of sound field with the input means 10, theta is 
inputted whenever [ side angle-of-reflection / which shows the distance relation 
between the listening person P and Image S ]. For example, the value of theta 
will become small, if the distance from Image S becomes far as the listening 
person P2 of drawing 9 shows. The value of theta will become large, if distance 
becomes near as the listening person P1 furthermore shows. The delay and the 
convolution multiplier in the signal-processing means 3 shall change with the 



magnitude of this side angle of reflection theta. 

[0037] Drawing 10 is the block diagram of the sound field regenerative apparatus 
in the 4th example (claim 5) of this invention, the same part as the 1st example 
attaches the same sign, and those explanation is omitted. As shown in this Fig., 
the parameter receiving means 18 is established instead of the input means 10 
of drawing 1 . 18 is a means to receive the control signal for controlling a location, 
distance, and a feeling of breadth from the exterior, with a parameter receiving 
means. 

[0038] With the parameter receiving means 18, reception of the control signal 
which included a location, distance, and the conditions of a feeling of breadth 
from the exterior gives the control signal to the parameter-control means 1 1 . And 
the parameter-control means 1 1 outputs the parameter (each multiplier) which 
should be set up with the signal-processing means 3. The following actuation is 
the same as that of the 1st example mentioned above. 

[0039] As mentioned above, in each example, by carrying out the exaggerated 
sample of the convolution multiplier for the image normal beforehand set up to 
the listening person of arbitration, phase adjustment can be carried out finely 
and it can respond. And the feeling of normal, the sense of distance, and the 
feeling of breadth of a sound are controllable by the control signal from the 
outside, and using the signal programmed beforehand, a repeat is controlled or it 



becomes controllable [ the feeling of normal of a sound according to the scene of 
an image, a sense of distance, and a feeling of breadth ] combining an image etc. 
[0040] In addition, although this example described the case where an input 
signal was a sound signal of a monophonic recording, also in the case of a 
stereo, it can respond by establishing an independent signal-processing means 
for every signal, and is effectively applied also in a two-channel loudspeaker 
instead of headphone or an inner phone. 
[0041] 

[Effect of the Invention] as mentioned above , according to this invention , by 
control a parameter according to the configuration of the head of a listen person , 
and the location of an image and a listen person and the size of magnitude , 
distance , or sound field which be inputted into the input means , and carry out 
the exaggerated sample of the convolution multiplier for make an image 
orientate , it can respond to both the individual delicate lugs spacing difference 
to the listen person of arbitration , and natural image normal and sound field 
playback can be realize . 



DESCRIPTION OF DRAWINGS 



[Brief Description of the Drawings] 



[Drawing 1] It is the block diagram of the sound field regenerative apparatus in 
the 1st example of this invention. 

[Drawing 2] It is the block diagram showing the configuration of the 
signal-processing means used for the sound field regenerative apparatus of the 
1st example. 

[Drawing 3] It is the explanatory view showing the principle of the image normal 
in the sound field regenerative apparatus of this invention. 
[Drawing 4] It is the explanatory view showing the relation between a listening 
person and an image. 

[Drawing 5] It is the graph which shows the frequency characteristics and the 
impulse response of both lugs. 

[Drawing 6] It is the conceptual diagram showing the principle of operation from 
an exaggerated sample to a down sample. 

[Drawing 7] It is the conceptual diagram of how to shift the convolution multiplier 
to a listening person's individual difference. 

[Drawing 8] It is the block diagram showing the configuration of some sound field 

regenerative apparatus in the 2nd example of this invention. 

[Drawing 9] It is the conceptual diagram of the parameter control in the sound 

field regenerative apparatus of the 3rd example of this invention. 

[Drawing 10] It is the block diagram showing the configuration of the sound field 



regenerative apparatus in the 4th example of this invention. 

[Drawing 11] It is the block diagram showing the example of a configuration of 

the conventional image stereotaxic instrument. 

[Description of Notations] 

I Signal Input Means 

2, 2a, 2b A/D converter 

3, 3c, 3d Signal-processing means 
3a, 3b FIR filter 

4a, 4b D/A converter 
5a, 5b Amplifier 
6a, 6b Loudspeaker 

7 Listening Person 

8 Signal Generation Means 

9 Virtual Loudspeaker 

10 Input Means 

I I Parameter-Control Means 
12a, 12b Image normal means 

14a, 14b Exaggerated sample means 

15a, 15b Filter means 

16a, 16b Down sample means 



17a, 17b Reverberation sound creation means 
18 Parameter Receiving Means 



